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Annex B:
QoS for Multi-stream Multiparty Conference Media Handling

B.1
General

This annex describes how the QoS bandwidth can be reserved for MMCMH sessions based on the codec and bandwidth information in the SDP answer, the number of conference participants, and the topology of the multi-party session.

When determining the QoS bandwidth to reserve for the MMCMH session, the SDP answer is examined for the following: 

· When simulcast is included, the bandwidth reserved for the transmission of the media (on either the uplink or downlink) should be enough to cover the simulcast.  If multiple media formats are sent concurrently then the reserved bandwidth should be enough to carry the sum of their bandwidth requirements. If media formats are sent alternatively, then the reserved bandwidth should be enough to carry the bandwidth requirements of the highest codec rate that can be used.

· If multiple active media lines are included, the reserved bandwidth should be enough to carry the sum of the bandwidth requirements of each active media line.

To enable the PCRF to determine the required bandwidth in each direction (i.e., uplink and downlink), the MSMTSI terminal and MRF, 

· Include the b=AS parameter in the SDP answer to indicate the maximum needed bandwidth for the receiving direction

· Should include in the SDP answer the Maximum Desired Bandiwdth (GBR) and Maxiumum Supported Bandwidth attributes (MBR) as specified in clause 6.2.7.3 of [TS 26.114] for the sending direction
· Should include in the SDP answer the bandwidth attributes on a media level to allow the PCRF to determine the total bandwidth requirements for a particular type of media
If an MSMTSI MRF is trimming media streams before forwarding them to the terminals in an MMCMH session, it should include the Maximum Desired Bandwidth or Maximum Supported Bandwidth attributes in the SDP offer or answer and set them according to the expected bandwidth needed to support the sent media streams..

If an MSMTSI terminal in an MMCMH session without an MRF is not going to support decoding of more than P concurrent streams of the same media type (e.g., P=3 for speech), then the terminal should include the b=AS parameter in the SDP offer or answer and set it according to the maximum expected bandwidth for P streams.
B.2
QoS for MSMTSI video offer/answer examples
Table B.1 provides examples of the QoS bandwidth that could be reserved for the different listed SDP answers from Annex T of [TS 26.114]

Table B.1: Example QoS bandwidth reservations for example SDP answers in Annex T of [TS 26.114]
	Table in Annex T of [TS 26.114] which has example of SDP answer
	Uplink GBR (kbps)
	Uplink MBR (kbps)
	Dowlink GBR (kbps)
	Downlink MBR (kbps)
	Comments

	T.2
	
	452.5
	
	452.5
	Assumed PCC chose symmetric QoS for DL



	T.3
	
	2105
	
	2590
	Assumed PCC chose symmetric QoS for DL

	T.4
	
	1865
	
	1865
	Estimating QoS for MSMTSI terminal's links, assumed PCC chose symmetric QoS for DL

	T.6
	118
	118
	133.5
	133.5
	Can not assume symmetric because simulcast is on uplink.  Assuming GBR= MBR for speech, but can set GBR lower if PCRF looks at codec-specific parameters and determines the lowest operating rate of the codecs

	T.9
	118
	118
	194
	194
	Can not assume symmetric because simulcast is on uplink.  Assuming GBR= MBR for speech, but can set GBR lower if PCRF looks at codec-specific parameters and determines the lowest operating rate of the codecs

	T.10
	118
	118
	133.5
	133.5
	Can not assume symmetric because simulcast is on uplink.  Assuming GBR= MBR for speech, but can set GBR lower if PCRF looks at codec-specific parameters and determines the lowest operating rate of the codecs
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Describe the logic for QoS requirements.


Considerations


New SDP parameters/configurations: simulcast, multiple media lines for the same media type


How much QoS is needed? Depends on


Direction of transmission


Uplink 


Downlink


Topology of the conference


With MRF


How many streams the MRF will trim to on the downlink


Without MRF


B.1.1	Uplink


With MRF


Need enough bandwidth for all the codecs being simulcast-ed


If MRF is sending the answer, b=AS parameter in the SDP Answer from MRF must include total bandwidth of all the codecs selected


If the UE is sending the answer, b=AS parameter in the SDP Answer from the UE does not indicated the necessary uplink bandwidth.  Need to use the new bandwidth modifiers.


Without MRF


Need enough bandwidth for all media being sent to all the other N-1 participants


If UE is asking for N-1 separate calls, it receives N-1 SDP Answers, each a b=AS in the SDP Offer/Answer


PCRF needs to sum up b=AS values in the SDP Answers received from the other N-1 participants


May need to modify PCRF to do this sum to tell the PGW what is authorized bandwidth for the bearer


N-1 bearers vs. 1 bearer: multiple RoHC instances across single QCI instance


If UE is answering the call from other participants, for audio, assume symmetry with downlink b=AS value.  Or, look at codec information.  Or, rely on new bandwidth modifiers.


If UE is answering some calls but also offering to others (i.e., via SIP REFER) then it has to look at SDP answer.





B.1.2	Downlink





With MRF


For each of the simultaneous concurrent streams the MRF is planning to forward to the terminal (e.g., how many audio streams the MRF is going to trim down to) need enough bandwidth for the highest data rate required among the selected codecs for that stream


If MRF is providing the answer, this is determined by determining the highest bandwidth requirement for each of the send direction m lines in the SDP Answer.  


Note that this can not be communicated using the b=AS parameter in the SDP Answer because it is in the send direction.  


May have to rely on knowledge of the codec data rate or use the new bandwidth modifier attributes defined in SA4.


If the UE is providing the answer, it selects the m lines offered by the MRF (how many it wants to trim to), and the b=AS in the SDP answer will be sufficient for PCRF to determine the QoS requirement


Suggest to include b=AS in the m lines vs. session level 


Without MRF


Need enough bandwidth to handle receiving media from all of the other N-1 participants


Most conservative requirement is obtained by summing the highest bandwidths of the codecs selected by each of the other N-1 participants


But this can be reduced for audio by noting that not more than one person is usually speaking at any time, and that the conversation is hard to understand if there are more than three simultaneous speakers.


The terminal could decide to trim streams, i.e., that beyond P concurrent streams, it doesn’t expect to get a good user experience and there is no point try to have all these streams delivered with high QoS


E.g., for Audio, a terminal may decide that P=3 and only reserve bandwidth for up to 3 simultaneous audio streams


If try to put some people on hold, music may be played to that terminal and interrupt their conference


The network may also decide to further exploit the fact that most of the time, only 1 audio stream will be in use


Some level of statistical multiplexing.  Not clear how PCRF can communicate this to the eNB.


When the UE is offering to start an MMCMH session, set b=AS to e.g., 3x voice rate.


The first examples are based off of the SDP examples in Annex A and are identified as such.


gives a few examples of the level of QoS that may be assigned for MMCMH sessions including the media portions from possible SDP offers and answers involving an MSMTSI client and/or MSMTSI MRF. It is not feasible to cover all possible variants of different communication scenarios and MSMTSI capabilities and hence these examples should be regarded as just a few examples of many possible alternatives. For brevity, these examples do not make use of all functionality (like robustness etc.) or list all codecs that could be used in a real SDP offer/answer, and for the same reason also limits the number of supported streams compared to what could be used in a real SDP offer/answer.
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